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(57) ABSTRACT

A method for adaptive control of a multi-channel echo

cancellation system 1including N loudspeakers, where N 1s an
integer greater than or equal to 2, and M microphones, where
M 1s an integer greater than or equal to 1. The system
includes NxM i1dentification filters with variable coetlh-

cients, the identification filters being used to estimate acous-
tic coupling between the loudspeakers and the microphones

as a function of a vanable coeflicients adaptive step. The
variable coeflicients adaptive step depends on whether or not
there 1s a signal present on the loudspeakers. The method 1s
applicable to hands-ofl operation of communication tools.

8 Claims, 3 Drawing Sheets
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METHOD FOR ADAPTIVE CONTROL OF
MULITICHANNEL ACOUSTIC ECHO
CANCELLATION SYSTEM AND DEVICE
THEREFOR

TECHNICAL DOMAIN AND PRIOR ART

This mvention relates to a method for adaptive control of
a multi-channel echo cancellation system and a device for
implementing the method.

The invention 1s applicable to hands-ofl operation of
communication tools, for example such as mobile tele-
phones, personal computers (PCs) and more generally any
type of device present in audio and/or video workstations in
which audio communication 1s made using several loud-
speakers at a distance from the participants.

Acoustic echo 1s a major obstacle to smooth hands-off
operation of communication tools. Acoustic echo 1s the
result of a signal which 1s emitted by a loudspeaker, and 1s
picked up by a microphone either directly or by retlection.
Many studies have been carried out on the problem of
acoustic echo, both for single-dimensional and for multi-
dimensional cases.

In the single-dimensional case, there 1s only one sound
pick-up signal and only one sound reproduction signal, even
if the sound pick-up signal 1s picked up by several micro-
phones and the sound reproduction signal 1s reproduced on
several loudspeakers.

In the multi-dimensional case, an echo cancellation sys-
tem comprises N signal reception channels, each comprising
a loudspeaker Hp, (1=1, 2, . . . , N) and M sound pick-up
channels, each sound pick-up channel comprising a micro-
phone MC, (=1, 2, . . ., M). This type of echo cancellation
system 1s shown 1 FIG. 1. It comprises NxM acoustic
channels and consequently NxM echo cancellation devices
H (1, 7). Each echo cancellation device H(1, j) comprises an
identification filter that estimates acoustic coupling between
the loudspeaker HP; and the microphone MC,. Apart from
the problem of real time operation of such a system, due to
the required calculation power, another problem arises
related to convergence of the identification filter control
algorithm.

Many studies have been carried out on the problem of
convergence of the identification filter control algorithm.
For example, convergence methods include the method
based on the addition of random noise or the method based
on itroduction of a non-linear function to decorrelate
signals to be processed. This method 1s described 1n U.S.
Pat. No. 5,828,756 by Benesty et al. issued in the United
States on Oct. 27, 1998 entitled “Stereophonic acoustic echo
cancellation using non-linear transformations”.

Convergence methods according to prior art have many
disadvantages, including the long calculation times.

The invention does not have the disadvantages mentioned
above.

PR

L1

SENTATION OF THE INVENTION

The mnvention relates to a method for adaptive control of
a multi-channel echo cancellation system comprising N
loudspeakers HP, (1=1, 2, . . . , N), where N 1s an integer
greater than or equal to 2, and M microphones MC; (j=1,
2, ..., M), where M 1s an integer greater than or equal to
1, the system comprising NxM identification filters F ; with
variable coethicients, the identification filter F,; being used to
check acoustic coupling between the loudspeaker HP, and
the microphone MC,; under the action ot control information,
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2

the control information being calculated using an adaptive
algorithm based on an error signal between a signal detected
by the microphone MC, and a reference signal that includes
the estimated signal output from the identification filter F,,
and a variable coeflicients adaptive step. The reference
signal also comprises a signal equal to the sum of P
estimated supplementary signals y, .., (k=1, 2, . .., 1-1,
1+1, . . ., P+1) output trom P 1dentification filters F, ;.
where P 1s an integer between 1 and N-1, and the variable
coellicients adaptive step depends on whether or not there 1s
a signal present on the P loudspeakers HP, (k=1).

The invention also relates to a device for adaptive control
of a multi-channel echo cancellation system comprising N
loudspeakers HP, (1=1, 2, . . . , N), where N 1s an integer
greater than or equal to 2, and M microphones MC,, where
M 1s an integer greater than or equal to 1, the system
comprising an identification filter F,; with variable coeth-
cients to estimate acoustic coupling between the loudspeaker
HP, and the microphone MC,, the identification filter being
controlled by control information output from an update unit
controlled by an error signal between a signal detected by
the microphone and a reference signal that includes the
estimated signal output from the 1dentification filter ¥, and
by a vaniable coeflicients adaptive step. The device com-
prises means of adding the estimated signals y, ; ,.(k=1,
2,...,1=1,1+1, ..., P+1) output from P 1dentification filters
F,; 1> 10 the reference signal, where P 1s an integer between
1 and N-1 and means of moditying the value of the vanable
coellicients adaptive step depending on whether or not there
1s a signal present on the P loudspeakers HP, (k=1).

As will become clear later, 1n one preferred embodiment

of the mvention the number P 1s equal to N-1.

BRIEF DESCRIPTION OF THE FIGURES

Other characteristics and advantages of the invention waill
become clear after reading the preferred embodiment with
reference to the attached figures in which:

FIG. 1 shows a principle diagram of a multi-channel echo
cancellation system;

FIG. 2 shows an adaptive control device for a multi-
channel echo cancellation system according to a first
embodiment of the invention;

FIG. 3 shows an adaptive control device for a multi-
channel echo cancellation system according to a second
embodiment of the invention;

DETAILED DESCRIPTION OF EMBODIMENTS
OF THE INVENTION

FIG. 1 has already been described, therefore there 1s no
point in describing i1t again.

FIG. 2 shows an adaptive control device of the multi-
channel echo cancellation system according to a {irst
embodiment of the invention.

The control device 1n FIG. 2 1s the control device accord-
ing to the invention that enables echo cancellation between
the microphone MC, and the loudspeaker HP,.

The control device comprises an identification filter I,
with variable coeflicients, an update unit 1, a means 2 of
calculating the variable coeflicients adaptive step u, N voice
activity detectors DAV(x,) (1=1, 2, . . . N), a voice activity
detector DAV(y), a subtractor 3 and an adder 4. Each voice
activity detector indicates whether or not a voice signal 1s
present, as a function of a decision threshold. Thus, the
signal d(X,) output from the voice activity detector DAV (X))
indicates whether or not there 1s a signal present in the




Us 7,043,013 B2

3

loudspeaker HP;. Similarly, the signal d(y,) output from the
detector DAV(y;) indicates whether or not there 1s a signal
present 1 the microphone MC.,.

The 1dentification filter F,; 1s a programmable filter with a
finite pulse response for which the coeflicients must be
adapted. The update unmit 1 adapts the filter coetlicients based
on the signal x, present 1n the loudspeaker HP,, the calcu-
lated step u of the variable coellicients and an error signal e.

For example, the update unit 1 uses the Normalized Least
Mean Squares (NLMS) algorithm or the order 2 Afline
Projection Algorithm (APA2).

The update unit 1 updates the filter F,; when the following
conditions are satisfied:

the detector DAV (X,) detects a voice activity,

the detector DAV(y;) does not detect any voice activity,

the detectors DAV(X,_,_.,) do not detect any voice activity.

According to the first embodiment of the invention, the
value of the step u 1s equal to zero if any one of the signals
d(x,), k=1, indicates that there 1s a signal present on a
loudspeaker HP,. I no signal 1s detected, the adaptive step
u 1s chosen to be the optimum considered for the adaptive
algorithm used by the update unit. For example, the coet-
ficient p 1s then equal to 0.33 for the NLMS algorithm or the
APA?2 algorithm.

The error signal e 1s equal to the difference between the
signal y, present in the microphone MC, and a reference
signal. The reference signal 1s composed of the estimated
signal y, . output from the identification filter F,, and all
estimated signals y, . ., output from the N-1 identification
filters I, ;. Consequently, the signals y, ; .., output from the
N-1 identification filters F, ; are summated by the adder 4.

The error signal 1s written as follows:
€=V;— (j’fj J+ Zj}k,_ﬁ{ﬁ]
k

The device according to the invention advantageously
reduces the calculation time for the update step since fixing,
the step u to the value zero 1n the presence of a signal on any
of the loudspeakers stops the convergence calculation.

FIG. 3 shows an adaptive control device for the multi-
channel echo cancellation system according to a second
embodiment of the invention.

According to the second embodiment of the invention, the
coellicients adaptive step u 1s calculated based on the
principle described 1n the French patent application entitled
“Procede et dispositif d’identificatipn adaptative et annuleur
d’echo adaptatif incluant un tel dispositif” (“Adaptive iden-
tification method and device and adaptive echo canceller
comprising such a device™), deposited 1n France on Sep. 13,
1995 and published as No. 2 738 6935. The control device
comprises an 1dentification filter F,, with variable coeth-
cients, an update unit 5, a means 6 of calculating the variable
coellicients adaptive step u, a voice activity detector DAV
(x,) on the loudspeaker HP,, an estimator 7 of the energy X,
of the signal x,, an estimator 8 ot the energy Y, ot the signal
y,, an estimator 9 ot the weighted energy

Z Ay Xi p#i
P
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4
of signals x, (k=1) output from the N-1 loudspeakers HP,
(k=1, 2,...,1-1,1+1, ..., N), a subtractor 3 and an adder

4

The update unit S updates the filter I,; when the detector
DAV (x1) detects voice activity.

The variable coellicients adaptive step u 1s then calculated
by the following expression:

:‘ZI,_'Xf
CbiXi+ CiY + Y (d X i)
k

H

where a;, b,, ¢; and d; (k=1) are positive coetlicients. As a
non-limitative example, the coethicient a, may be equal to 1,
the coetlicient b, may be equal to 3, the coetlicient ¢, may
then be between 10 and 100 (depending on the acoustic
environment conditions) and the coeflicients d, may be
approximately of the same order of magnitude as the coel-
ficient c,.

Advantageously, the coetlicients d, can adjust the control
of the step as a function of the number of loudspeaker
channels. If there 1s a voice activity on at least one of the
loudspeaker channels, the coeflicient u tends towards zero
and adaptation 1s stopped.

One particular advantage of this second embodiment of
the invention 1s that the coeflicient p can be made to tend
continuously towards zero as the energy in the signals
increases. This advantage does not exist when voice activity
detectors are used since adaptation can take place with
parasite signals as long as the decision threshold has not
been reached. According to the second embodiment of the
invention, 1t 1s particularly easy to prevent mismatching of
the filter.

Regardless of its embodiment, the invention 1s advanta-
geously applicable to any type of adaptive algorithm.

The invention claimed 1s:

1. A method for adaptive control of a multi-channel echo
cancellation system 1ncluding N loudspeakers, where N 1s an
integer greater than or equal to 2, and M microphones, where
M 1s an integer greater than or equal to 1, the system
including NxM 1dentification filters with variable coetl-
cients, the method comprising:

estimating by the identification filters acoustic coupling
between the loudspeakers and the microphones under
action of control information, the control information
being calculated using an adaptive algorithm based on
an error signal between a signal detected by the micro-
phones and a reference signal that includes an esti-
mated signal output from the i1dentification filters, and
a variable coellicients adaptive step,

wherein the reference signal further comprises a signal
equal to a sum of P estimated supplementary signals
output from P identification filters, where P 1s an integer
between 1 and N-1, and the variable coeflicients adap-
tive step depends on whether or not there 1s a signal
present on the P loudspeakers, and

wherein the variable coeflicients adaptive step 1s equal to
zero 1f there 1s a signal present on at least one of the
loudspeakers.

2. The method according to claim 1, wherein, when the
adaptive algorithm 1s a Normalized Least Mean Squares
(NLMS) algorithm or an order 2 Afline Projection Algorithm
(APA2), the variable coellicients adaptive step 1s equal to
0.33 if no signal 1s detected on the loudspeakers.
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3. The method according to claim 1, further comprising;:
estimating energy X, of an acoustic signal output by the
loudspeakers;

estimating energy Y, of a signal received by the micro-
phones,

estimating weighted energy

Z Ay Xp g+
P

of signals output from P loudspeakers, where P 1s an
integer between 1 and N-1, and wherein the variable
coellicients adaptive step 1s calculated by expression:

r:l,_'Xf
- b; X; + CJ,'YJ' + ), (dek,quE)
k

H

b.. ¢

where a,, b, ¢,, and d, (k=1) are positive coetlicients.
4. The method according to claim 3, wherein:
a=1,
b, =3,
C; 15 between 10 and 100, and
d, 1s between 10 and 100.

5. Device for adaptive control of a multi-channel echo
cancellation system including N loudspeakers, where N 1s an
integer greater than or equal to 2, and M microphones, where
M 1s an integer greater than or equal to 1, the system
including at least one variable coeflicients identification
filter configured to estimate acoustic coupling between the
loudspeakers and the microphones, the at least one variable
coellicients 1dentification filter being controlled by control
information output from an update device controlled by an
error signal between a signal detected by the microphones
and a reference signal that includes the estimated signal
output from the at least one variable coetlicients 1dentifica-
tion filter, and by a variable coeflicients adaptive step, the
device comprising:
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means for adding estimated signals output from P varniable
coellicients 1dentification filters, to the reference signal,
where P 1s an integer between 1 and N-1, and means
for modifying a value of the variable coeflicients adap-
tive step depending on whether or not there 1s a signal
on P loudspeakers,

wherein the variable coeflicients adaptive step 1s equal to

zero 1f there 1s a signal present on at least one of the
loudspeakers.

6. The device according to claim 3, wherein the means for
moditying the value of the variable coetlicients adaptive step
comprises P voice activity detectors, the detectors indicating
whether or not there i1s a signal on the loudspeaker.

7. The device according to claim 5, wherein the means for
modifying the value of the variable coellicients adaptive step
comprises first means for estimating energy X. of an acoustic
signal output by the loudspeaker, second means for estimat-
ing energy Y, of a signal received by the microphone, third
means for estimating weighted energy

Z Ay Xy jti
P

of signals output from P loudspeakers, where P 1s an integer
between 1 and N-1, and fourth means for calculating the
variable coetlicients adaptive step by expression:

:‘ZI,_'Xf
B b; X; + CJ,'YJ' + Z (dek,qui)
k&

H

.

where a;, b,, ¢; and d, (k=1) are positive coetlicients.
8. The device according to claim 7, wherein:
a=1,
b =3,
¢; 1s between 10 and 100, and
d, 1s between 10 and 100.
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